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Description 

FIELD OF THE INVENTION 

The present invention relates to communications 
apparatus generally and more particularly to telecom- 
munication systems with facsimile demodulation and 
modulation capabilities. 

BACKGROUND OF THE INVENTION 

Various types of telecommunication systems for 
interconnecting telephone communication trunks to a 
transmission network are known in the patent litera- 
ture and in the marketplace. One type of such appa- 
ratus is known as Digital Circuit Multiplication Equip- 
ment systems which typically Include Time Assign- 
ment Speech Interpolation (TAS I) Apparatus. There is 
described in applicant's European Patent EP-B-00 
25.465 and in applicant's U.S. Patent US-A- 
4,523,309. TASI apparatus which has gained wide- 
spread market acceptance. 

A particular feature of the abovementioned U.S. 
Pat. US-A-4,523,309 is that control information such 
as the assignment, synchronization and identification 
information is transmitted along the communication 
channels instead of on separate signaling channels 
as in the prior art. In addition, the signaling commu- 
nication channel assignment infomiation is also sup- 
plied via the voice channels ratherthan via the signal- 
ing channels. 

Another type of telecommunication system for in- 
terconnecting telephone communication trunks to a 
transmission network is described in a paper by R.W. 
Muise etal entitled "Experiments in Wideband Packet 
Technology," given at the International Zurich Semi- 
nar on Digital Communication, April, 1986. The paper 
discloses a system which comprises an access inter- 
face and a wideband packet switch for sending pack- 
ets of speech and data across a transmission net- 
work. 

There are known Digital Qircuit Multiplication 
Equipment (DCME) systems in which the advantages 
of Digital Speech Interpolation (DSI) and adaptive 
pulse code modulation (ADPCM) compression tech- 
niques have been incorporated, as demonstrated in 
applicant's U.S. Patent US-A-4,747.096 which also 
uses voice channels for the transmissksn of control in- 
formation. In addition, the system detects voiceband 
data transmission and compresses it according to an 
optimal ADPCM adapted for voiceband data. 

However, the optimal ADPCM adapted for voice- 
band data compresses the voiceband data at a 2:1 
rate whereas the compression rate of the DSI and the 
ADPCM for speech is 6:1. Thus, with the current pro- 
liferation of personal facsimile machines whose sig- 
nals when transmitted via a DCME are compressed 
as voiceband data, the overall compression rate of a 



DCME is approaching 3:1. 

In a Delayed Contribution D.788/XV1II presented 
* at the CCITT Working Party XVIII/8 In Geneva Swit- 
zerland on 8 - 15 July, 1986 by EUTELSAT entitled 
5 "EUTELSAT Considerations on LRE-DSI characteris- 
tics for Digital Circuit Multiplication", there appears a 
proposal to demodulate V.29 voice band data signals 
in order to enable such signals to be transmitted via 
a corhpression system which employs ADPCM en- 
10 coding for signal compression. This reference only 
proposes V 29 modem demodulation in DCME but 
does not explain how to do it. importantly, it does not 
teach how to detect facsimile signals for subsequent 
demodulation thereof. 
15 In a Final Report submitted to the International 

Maritime Satellite Organization (INMARSAT) entitled 
"Study of Facsimile Interface Units for Future Inmar- 
sat Digital Communications System" dated July 28. 
1988 there is proposed a concept for demodulation of 
20 an all-facsimile channel. No consideration is given to 
detection of facsimile signals on a "mixed" channel 
which canies both speech and facsimile signals, and 
switching between different processing routes for fac- 
simile and speech in response to such detection. Fur- 
25 thermore, this reference does not deal with many fac- 
simile protocols which are in common use in such 
"mixed" channels. 

US-A-4805208 discloses a telecommunication 
system for interconnecting a plurality of telecommu- 
30 nication trunks carrying voice and data signals to a 
transmission network. The system comprises trans- 
mission means at at least a first end of the transmis- 
sion network including detecting means for detecting 
voice or data signals on the plurality of telephone 
35 communication trunks. Detected voice signals are 
transmitted after compression and detected data sig- 
nals are transmitted after demodulation. Receiving 
means are provided at at least a second end of the 
transmission network and include means for decom- 
40 pressing the voice signals and means for remodulat- 
ing the data signal. 

jp-A-63237624 discloses a time division multi- 
plexer which discriminates between CCITT V.29 sig- 
nals and voice signals. CCITT V.29 signals are de- 
45 modulated prior to transmission whereas voice sig- 
nals are compressed prior to transmission. 

jp.A-62143531 discloses a telecommunication 
system for interconnecting a plurality of communica- 
tion trunks carrying voice, facsimile and non-voice 
50 band data signals. 

The present invention seeks to provide a tele- 
communication system with improved facsimile sig- 
nal compression capabilities. 

In accordance with one aspect of the present in- 
' 55 vention, there is provided a telecommunication sys- 
tem for interconnecting a plurality of telephone com- 
munication trunks, carrying voice, facsimile and non- 
facsimile voiceband data signals to a transmission 
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network, the system comprising: 

transmission means at at least a first end of the 
transmission network including: 

means for detecting facsimile signals, as dis- 
tinguished from other voiceband data signals, on the 5 
plurality of telephone communication trunks by de- 
tecting a signal unique to facsimile signals; 

means for demodulating only facsimile signals 
in response to detection by the means for detecting 
of facsimile signals on the plurality of telephone com- io 
munication trunks ; and 

means for transmitting along the transmission 
network, in demodulated form, a facsimile signal out- 
put of the means for demodulating; and 

receiving means at at least a second end of the is 
transmission network including: 

means for modulating the demodulated facsi- 
mile signals received along the transmission network 
to produce voiceband facsimile signals. 

Preferably, the means for demodulating demod- 20 
ulates only facsimile signals. 

Preferably, the means for detecting detects a sig- 
nal sequence characteristic of a plurality of facsimile 
modes of operation. 

Preferably, the transmission means further com- 25 
prises means foi" determining the mode of operation 
of the detected facsimile system and the means for 
determining the mode of operation comprises: 

a plurality of facsimile demodulators, each be- 
ing programmed to demodulate at least one expected 30 
modem signal according to a facsimile standard; 

means for supplying incoming detected facsi- 
mile signals simultaneously to the plurality of facsi- 
mile demodulators; and 

means for determining which of the plurality of 35 
facsimile demodulators successfully demodulates an 
incoming facsimile signal. 

Preferably, the system also comprises means for 
compressing signals other, than those detected by 
said means for detecting; and 40 

means for transrnitting said other signals 
along said transmission network. 

Preferably, said demodulating means comprises 
facsimile signal demodulator and forward error cor- 
rection means and wherein said forward error correc- 4S 
tion means are operative to protect the output of said 
facsimile demodulator. 

Preferably, the transmission network comprises 
a plurality of transmission channels and the system 
comprises means for assigning at least one of the sig- so 
nals received by the transmission system from the 
plurality of communication trunks to one of the trans- 
mission channels; and 

means for communicating the assignment and 
optionally other- information regarding the signals 55 
along the transmission network. 

It is understood that the demodulation and mod- 
ulation may be complete including, for example.. de- 



scrambling and scrambling, or incomplete, not includ- 
ing scrambling and descrambling. 

There are many facsimile transmissions which do 
not adhere to the standard protocol definitions as de- 
fined in CCITT Red Book Rec. T.30, the data rate and 
mode of operation of the incoming facsimile signal 
cannot be derived from a protocol analysis. The pres- 
ent invention can provide facsimile signal classifica- 
tion by waveform analysis, rather than protocol ana- 
lysis. In this case, at the beginning of each facsimile 
signal burst, a plurality of facsimile demodulators are 
used to simultaneously demodulate the incoming fac- 
simile signals. 

The present invention can provide a facsimile sig- 
nal compression ratio between 4:1 and 6:1. a ratio 
much higher than that achievable by treating facsi- 
mile transmissions as voiceband data signals. 

According to another aspect of the present inven- 
tion, there is provided a method for interconnecting a 
plurality of telephone communication trunks carrying 
voice, facsimile and non-facsimile voiceband data 
signals, to a transmission network, the method conrv 
prising: 

detecting facsimile signals, as distinguished 
from other voiceband data signals received from the 
plurality of telephone communication trunks; by de- 
tecting a signal unique to facsimile signals; 

demodulating only detected facsimile signals 
in response to said detecting of ^csimlle signals to 
form demodulated facsimile signals; and 

transmitting the demodulated facsimile sig- 
nals along a transmission network. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The present invention will be understood and ap- 
preciated more fully from the following detailed de- 
scription taken in conjunction with the drawings in 
which: 

Fig. 1 is a functional block diagram illustration of 
the .transmit side and the receive side of the sys- 
tem showing graphically functions of the interna- 
tional telephone multiplication system, including 
the facsimile signal compression functions, con- 
structed and operative in accordance with a pre- 
ferred embodiment of the present invention; 
Figs. 2Aand 2B are block diagram illustrations of 
elements of the transmit circuitry constructed 
and operative in accordance with a preferred em- 
bodiment of the present invention; 
Fig. 3 is a block diagram illustration of the facsh 
mlle demodulator useful in the apparatus of Figs. 
2A and 28; 

Figs. 4A and 48 are block diagram Illustrations of 
elements of the receive circuitry constructed and 
operative in accordance with a preferred embodh 
. ment of the present invention; 
Fig. 5 is a block diagram illustration of the facst- 
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mile modulator useful in the apparatus of Figs. 3A 
and 3B; and 

Fig. 6 is a block diagram illustration of the signal 
flow from a facsimile machine, through local tel- 
ephone lines, to a switching center useful in un- 
derstanding the system of Fig. 1 . 

DETAILED DESCRIPTION OF A PREFERRED 
EMBODIMENT 

Reference is now made to Fig. 6 which illustrates 
the dataflowfromafacsimilemachine through a local 
telephone system to a transmission network. A facsi- 
mile machine 10, according to CCITT Red Book, Ma- 
iaga-Torremolinos 1984, Recommendations T.4 and 
T.30, comprises a facsimile scanner and encoder 12, 
according to CCITT Red Book Recommendation T.4, 
which produces a binary bit stream, at rates up to 9.6 
kbit/s, representing a compressed version of the 
scanned page, and a modulator 14, such as the 
R96MFX Monofax by Rockwell International, which 
modulates the binary bit stream onto an analog wa- 
veform for transmission through local analog tele- 
phone systems. 

The Group 3 facsimile call procedure is defined 
in detail in CCITT Red Book Rec. T.30. Typically, the 
facsimile call begins with a 2100 Hz. tone from the 
called terminal, followed by a coordination dialog be- 
tween the two facsimile machines at a rate of 300 
bit/s, modulated according to CCITT Red Book Rec. 
V.21, channel 2. The facsimile messages are trans- 
mitted, page by page, at data rates of 2400, 4800, 
7200, and 9600 bit/s, modulated according to CCITT 
Red Book Rec. V.27 ter for the two lower rates and ac- 
cording to CCITT Red Book Rec. V.29 for the two up- 
per rates. It should be noted that CCITT Red Book 
Rec. T.30 also allows for non-standard 300 bit/s pro- 
tocols. 

An analog to digital (A/D) converter 16 receives 
the analog waveform and samples the signal in order 
to transform it to a standard 64 kbit/s pulse code 
modulated (PCM) digital signal. The digital PCM sig- 
nal is then transmitted, as one time slot of a 2.048 or 
a 1.544 Mbit/s signal, via a digital exchange 18, such 
as the 4ESS from AT&T, which may subsequently 
transmits it to a transmission system, such as is de- 
scribed hereinbelow. It should be noted thatthe digital 
signal produced by the facsimile scanner 12 is a bi- 
nary data signal and the digital signal produced by the 
A/D converter 16 is in the form of digital samples of 
an analog waveform. The two rates are significantly 
(different (up to 9.6 kbit/s vs. 64 kbit/s) and thus, the 
transmission of the binary data via current methods 
of telephony is wasteful. 

According to the teachings of the present inven- 
tion, the transmission efficiency of digital links is in- 
creased by reproducing the originally scanned and 
encoded binary data from the PCM signal of the 



modulated analog waveform and then transmitting it 
along a transmission network as a 9.6 kbit/s signal. 
' According to an alternative embodiment of the inven- 
tion the binary data is transmitted as a 1 6 kbit/s signal 
5 which comprises the 9.6 kbit/s signal and additional 
error correction code, thus significantly increasing 
the robustness of the transmission in presence of line 
errors. Without error correction, the system of the 
present invention achieves a 6:1 compression ratio 
10 for facsimile transmissions and with error correction 
it achieves a 4:1 compression ratio. 

Reference is now hnade to Fig. 1, which is an 
overall functional system block diagram of the trans- 
mission and reception end of a telecommunication 
15 system, indicating three methods of signal compres- 
sion as well as the trunk expanding functions of the 
various elements of the telecommunication system. 
The transmit side is described with respect to Fig. 1. 
The receive side is mirror symmetric and will not be 
20 described with respect to Fig. 1. Many of the compo- 
nents of the telecommunication system are substan- 
tially similar to those described and claimed in the 
aforesaid U.S. Patent US-A-4,747,096, which is in- 
corporated herein by reference, and therefore, will not 
25 be described in detail. It will be appreciated that the 
telecommunication system described In Fig. 1 can be 
implemented in a point to point configuration, in a 
multiclique configuration, and in a multidestination 
configuration, as defined in CCITT Blue Book Rec. 
30 G.763. Additionally, it can be implemented as an ac- 
cess terminal for traffic compression into a packet 
switching network. 

The transmission apparatus includes a trunk 
PCM interface (TDLI) 20 which is operative to provide 
35 interfacing between 1.544 Mbit/s or 2.048 Mbit/s 
PCM signals and the internal 2.048 Mbit/s (NR2) sig- 
nals employed in the telecommunication system. It is 
operative to provide synchronization, plesiochronous 
buffering and optional format conversion, 
40 Downstream of TDLI 20 there is provided a time 

slot interchange (TSI) 22 which provides time slot 
mapping. It enables up to ten 24-channel bit streams 
to be regrouped into eight 30/32 channel bit streams. 
Digital speech interpolation circuitry (DSl) 24 
45 provides voice compression by means of the time as- 
signment speech interpolation (TASI) of U.S. Patent 
US-A-4.523,309 and is operative to compress up to 
240 trunks generally into 62 bearer channels. Addi- 
tionally, DSl 24 provides detection circuitry for clas- 
50 sifying incoming signals as selected facsimile sig- 
nals, such as Group 3 facsimile signals, and as other 
signals where other signals typically include speech, 
tone and non-facsimile volceband data. This enables 
the transmission apparatus to separately compress 
55 facsimile signals and to apply the conventional com- 
pression techniques for speech and non-facsimile 
voiceband data signals.. 

Further compression is provided by a signal com- 
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pression circuit 25 typically comprised of Adaptive 
Differentia! Pulse Code Modulation (ADPCM) circui- 
try 26 and Variable Bit Rate (VBR) circuitry 28. voi- 
ceband data optimized algorithnfi circuitry 27 and fac- 
simile modem 29. 

ADPCM circuitry 26 employs an ADPCM algo- 
rithm, in accordance with the Red Book CCITT G.721 
recommendation for compressing speech. VBR cir- 
cuitry 28 is typically provided in conjunction with 
ADPCM 26 and is operative to effectively create ad- 
ditional bearer channels (in excess of 62) to overcome 
periods of traffic overload, as described in aforesaid 
U.S, Patent US-A-4.747,096. The ADPCM 26 and the 
VBR 28. in conjunction with the DSI 24. provide a 
compression ratio of typically 6:1 for speech signals. 
It will be appreciated that circuitry employing other 
speech compression techniques, such as 16 kbit/s 
speech coding, can replsce the ADPCM 26 circuitry. 

Voiceband data is routed through voice band data 
optimized algorithm 27 which employs ADPCM co- 
decs specifically optimized for reliable transmission 
of voiceband data, as described in aforesaid U.S. Pa- 
tent US-A-4,747,096. The voiceband data algorithm 
is transparent to voiceband data signals and provides 
a 2:1 compression ratio. It will be appreciated that the 
voiceband data compression may be implemented 
using other algorithms, such as that of CCITT Blue 
Book, Melbourne 1988, Rec. G.723. 

In accordance with a preferred embodiment of 
the present invention, facsimile modem 29 is provid- 
ed for reproducing a plurality of original facsimile bi- 
nary data from a plurality of PCM signals, for option- 
ally incorporating error correction information into the 
plurality of original facsimile binary data and for mul- 
tiplexing the resultant signals. The optional error cor- 
rection function is typically provided when the trans- 
mission network is of the type where performance is 
typically degraded. 

Multiplexer 31 multiplexes the output of the signal 
compression stage, comprising ADPCM 26. VBR 28, 
voiceband data algorithm 27 and facsimile modem 29 
into one generally fully populated 2.048 or 1.544 
Mbit/s signal. At each sample period, which is typical- 
ly 125 microseconds, multiplexer 31 produces one bit 
frame with bits from compressed channels. 

An alternative embodiment of the invention com- 
prises a multiplexer 31 which incorporates wideband 
packet technology, as described in the aforemen- 
tioned paper by R.W. Muise et al entitled "Experi- 
ments in Wideband Packet Technology*. In the alter- 
native embodiment, the multiplexer 31 is operative to 
act as a Packet Assembler (PA) to gather and packe- 
tize a sequence of samples of compressed speech, 
voiceband data or facsimile data and to subsequently 
transmit the packets to a transmission network. 

Interface between the 2,048 Mbit/s output from 
the multiplexer 31 to the standard 1.544/2.048 Mbit/s 
standard PCM bearer channels is provided by the 



Bearer PCM Interface (TDLI) 30. described in afore- 
said u!s. Patent US-A-4,747,096. 

Reference is now made to Fig. 2, which illustrates 
in block diagram form certain elements of the trans- 

5 mission apparatus of the telecommunication system 
pertaining to the present invention and corresponding 
to the functional block diagram of Fig. 1. A complete 
description of the remaining elements can be found in 
aforesaid U.S. Patent US-A-4.747,096. 

10 Eight 2.048 Mbit/s bit streams emerging from the 

TSI 22 are supplied to the DSI circuitry 24 and are di- 
rected in parallel to a. transmit delay memory 50. to a 
facsimile detector 53 and to other detectors, much as 
speech and tone detection circuitry 52. 

IS Speech and tone detection (SPD) circuitry 52 

typically comprises four SPD circuits, each of which 
receives 2 x 2.048 Mbit/s digital streams from the 
transmit TSI circuitry 22. The SPD circuitry 52 is op- 
erative to examine each time slot for the presence of 

20 speech energy above an adjustable threshold which 
is normally set at -32 dBmO. 

If speech energy is present, a main CPU 44 is no- 
tified of the time slot that has active speech. Addition- 
ally, the tone detector portion of the SPD circuitry 52 

25 examines the active speech for the continuous pres- 
ence of a 2100 Hz tone (CCITT Red Book Rec. G.I 64 
or Rec. V.25 for voiceband data or Rec. T.30 for fac- 
simile data). When the tone is detected, the. main 
CPU 44 is notified. 

30 Facsimile detector 53 additionally receives all 

eight of the 2.048 Mbit/s bit streams received from 
TSI 22 and detects the presence of facsimile signals 
on them. Since Group 3 facsimile systems begin their 
300 bit/s transmissions with a preamble, defined in 

35 the 1984 CCITT Red Book Recommendation T.30 
paragraph 5.3.1 to be a series of flag characters 
transmitted for one second on a 300 bit/s signal, it will 
be appreciated that the preamble is unique to facsK 
mile systems and thus, can be utilized for reliable de- 

40 tection of facsimile signals; other data protocols 
transmit at most one or two flag characters. Thus, fac- 
simile detector 53. detects a facsimile transmission 
upon identifying at leastfive consecutive flag charac- 
ters. 

45 If a facsimile transmission is present, facsimile 

detector 53 notifies the main CPU 44 of the trunk 
channel in which it occurs. If the detection occurs for 
a trunk channel which is not classified as carrying 
facsimile signals, then the main CPU 44 marks the 

so trunk channel as a facsimile trunk channel. Until 
marked otherwise, the trunk channel remains as a 
facsimile trunk channel and any further detections of 
a facsimile transmission on that trunk channel are ig- 
nored. 

55 The main CPU 44, typically based on the Intel 

80286 microcomputer, controls the DSI operation as 
wed as other functions of the telecommunication sys- 
tem. Its major task, as part of the transmission appa- 
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ratus, is to receive activity information about facsi- 
mile transmissions and other signals, such as 
speech, tone and voiceband data, and to assign an 
available bearer bit portion to the active trunk. In or- 
der to do so, it routes the time slots of the eight 2.048 
Mbit/s channels, via a transmit Digital Speech Inter- 
polation (DSI) switch 56, to either of the ADPCM 26, 
the voiceband data algorithm 27 or the facsimile mo- 
dem 29, depending on the results of the SPD and tone 
detector 52 and the facsimile detector 53. Main CPU 
44 also indicates to a facsimile CPU 80 which is part 
of the facsimile modem 29 and which is described in 
more detail hereinbelow. in which time slot it will re- 
ceive a facsimile transmission and in which bit portion 
it should transmit the demodulated facsimile trans- 
mission. The main CPU 44 additionally detects the 
completion of a facsimile transmission on a facsimile 
channel. The software for the main CPU 44 is taken 
mostly from apparatus of the type described in the 
aforesaid U.S. Patent US-A-4,747,096. 

Following initial detection of a facsimile transmis- 
sion, the system switches to a facsimile signal path. 
The switching takes place during the first silent period 
during facsimile "handshake" following detection. Ef- 
fecting the switching during the silent period avoids 
undesirable signal transients. 

The transmit DSI switch 56 receives 8 x 2.048 
Mbit/s digital streams from the transmit delay 50 and 
selects, in response to commands from the main CPU 
44, an appropriate time slot The standard 2.048 
Mblt/s bit stream contains 30 speech time slots (TS); 
however, in accordance with U.S. Patent US-A- 
4,747,096, when TS 16 is not used for the transmis- 
sion of signaling information, 31 time slots are avail- 
able for speech. 

Thus, two bit streams of up to 62 time slots during 
operation at normal speech traffic levels, one bit 
stream with up to 31 voiceband data signals and one 
bit stream with up to 31 facsimile signals are provid- 
ed. Additionally, an additional 20 time slots are pro- 
vided for use during periods of traffic overload, as a 
result of VBR operation. The 144 available time slots 
form an output of five 2.048 Mbit/s digital streams 
where the fifth 2.048 Mbit/s digital stream comprises 
the 30 additional time slots. The remaining 11 time 
slots of the fifth 2.048 Mbit/s digital stream are un- 
used. 

The first two and last one of the five 2.048 Mbit/s 
digital streams are dedicated to trunk channels with 
speech activity, the third Is dedicated to trunks with 
non-facsimile voiceband data signals, and the fourth 
is dediqated to trunks with facsimile transmissions. 

DSI 24 also comprises a message generator 54 
which receives 2 bytes (16 bits) of message informa- 
tion from the main CPU 44. The message information 
indicates to the receive circuitry the location, on the 
bearer bit stream, of the assigned bits for each com-, 
pressed trunk channel and the. type of traffic, speech. 



voiceband data or facsimile data, carried therein. 

Signal compression circuitry 25 comprises a sig- 
nal compression assembly 64 which receives the five 
2.048 Mbit/s digital streams from the transmitting 
5 DSI switch 56. The signal compression assembly 64 
comprises ADPCM encoders and data optimized 
ADPCM encoders, fully described in aforesaid U.S. 
Patent 4.747,096, and facsimile demodulators 67 
with optional Forward Error Correction elements 
10 (FEC) 69. as described hereinbelow. 

Each fecsimile demodulator 67 demodulates the 
64 kbit/s PCM bit stream received from the DSI 
switch 56, thus reconstructing the original scanned 
and encoded bit stream produced by the facsimile 
15 machine 10. The optional FEC 69 adds error correc- 
tion information to the signal to increase the rate of 
the signal from up to 9.6 kbit/s to 16 kbit/s, a rate 
which is a submultiple of the 64 kbIt/s standard rate 
of the bearer bit stream. 
20 Multiplexer 31 comprises a buffer memory 68 

which combines the outputs of the signal compres- 
sion assembly 64 into one 2.048 Mbit/s bearer signal. 
According to the traffic on the transmission network, 
it will assign nibble time slots to compressed speech 
25 and voiceband data signals and the appropriately 
sized time slots to demodulated facsimile signals, as 
described hereinbelow. 

According to an alternative embodiment of the 
present invention, buffer memory 68 stores the out- 
30 put of the signal compression assembly 64 and gen- 
erates, typically every packet interval of 16 msec, 
packets of typically 128 4 bit samples with an addi- 
tional 40 bits of packet header information. It should 
be noted that under overload traffic conditions, the 
35 number of bits for each sample will be smaller due to 
the operation of the VBR 28. 

Buffer memory 68 releases the packets under 
control of the main CPU 44 which receives the 
speech^ voiceband data and facsimile signal activity 
40 information from SPD and tone detector 52 and fac- 
simile detector 53 every packet interval and assigns 
bearer bit portions to each active tnink channel. 

Reference is now made to Fig. 3 which illustrates 
the elements of the facsimile demodulator 67 and of 
45 the optional FEC 69. According to a preferred em- 
bodiment of the invention, facsimile demodulator 67 
comprises a plurality of facsimile demodulators 126, 
such as the R96MFX Monofaxfrom Rockwell Interna- 
tional, and a plurality of PCM decoders 128 where 
so each PCM decoder 128 is directly connected to a fac- 
simile demodulator 126. Atypical transmission appa- 
ratus will comprise 40 facsimile demodulators 126 
and 40 PCM decoders 128. It will be appreciated that 
the 40 facsimile demodulators 126 and 40 PCM de- 
55 coders 128 are needed In order to decode and de- 
modulate facsimile signals from 31 Incoming facsi- 
mile trunk channels due to the initial overhead of the 
five demodulators. 126. 
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At the beginning of each signal burst for a trunk 
channel marked as carrying a 64 kbit/s facsimile' 
transmission, one incoming time slot is routed to typ- 
ically five PCM decoders 1 28 via a facsimile transmit 
TSI (TTSI) 124. such as the PEB 2040 PCM Switch 
from Siemens. TTSI 124 typically selects the five 
PCM decoders 128 based on which five facsimile de- 
modulators 126 are currently available. 

According to a preferred embodiment of the in- 
vention, each PCM decoder 128 converts the incom- 
ing PCM signal to the original analog telephone wa- 
veform and sends the resultant signal to its corre- 
sponding facsimile demodulator 126. It will be appre- 
ciated that the PCM decoders 128 are included in or- 
der to utilize inexpensive facsimile demodulators 
126, such as the Rockwell R96MFX, specifically de- 
signed for facsimile machines. 

Each of the five facsimile demodulators 126 is 
tuned to one of the five standard modes of operation 
for facsimile data, that is, 2.4 or 4.8 kbIt/s modulated 
according to Rec. V.27 ter. 7.2 or 9.6 kbit/s modulated 
according to Rec. V.29 or 300 bit/s. modulated ac- 
cording to Rec. V.21. Each demodulates the analog 
telephone waveform it receives from its PCM decoder 
1 28 in an attempt to identify the mode of operation by 
which the present portion of the facsimile transmis- 
sion is modulated. 

It will be appreciated that it is possible to analyze 
the facsimile transmission with one facsimile demod- 
ulator 126 by utilizing the facsimile demodulator 126 
specifically designed for use in facsimile machines 1 0 
to interpret the 300 bit/s protocol between pages 
which indicate which mode of operation will be used 
for scanning and encoding the following page. This 
method has one drawback in that CCITT Red Book 
Rec. T.30 allows for non-standard protocols between 
facsimile machines 1 0. 

Thus, a facsimile demodulation system which 
utilizes one standard fecsimlle demodulator 126 per 
facsimile transmission might be unable to interpret 
the non-standard protocols and thus, be unable to de- 
modulate facsimile transmissions. Therefore, accord- 
ing to a preferred embodiment of the present inven- 
tion, five facsimile demodulators 126 are utilized to 
identify the mode of operation of every portion of a 
facsimile transmission whether it be the 300 bit/s 
standard or non-standard dialog or the up to 9.6 kbrt/s 
page transmission. 

The demodulated data are sent to a buffer 130 
and stored there until the demodulator tuned to the 
correct bit rate and mode of operation is identified. 
The identification typically Igkes 0.3 seconds to ach- 
ieve a positive identif ication of either a V.29 or V.21 
modem by a given demodulator, after which the re- 
maining four demodulators 126 are available and the 
data they produced in buffer 130 is Ignored. Should 
no positive identif ication of either the V.29 or V.21 rno- 
dems is made during the 0.3 second interval and if 



during this interval an 1800 Hz tone is detected, then 
the two demodulators which are tuned to the two al- 
ternative transmission rates of the V.27 modem con- 
tinue to operate. Once positive identification is made 

5 by either of those two demodulators, the demodulator 
which did not make a positive identification becomes 
available and its output in the buffer 130 is ignored. 

The identifying demodulator 126 continues de- 
modulating the signal and sending it to the buffer 130 

10 until the signal terminates, typically at the end of the 
transmission of one page or at the end of a 300 bit/s 
message transmission. 

It Is a particular feature of the present invention 
that notwithstanding the different times needed to 

15 detect the various modems and notwithstanding that 
detection of the V,27 modem requires more than 0.3 
seconds, a 0.3 second delay is sufficient to avoid loss 
of the beginning of the transmitted signal. This is ach- 
ieved by commencing transmission of the training se- 

20 quence characteristic of the V.27 modem once iden- 
tification of the 1800 Hz signal is made but before 
positive identification of which transmission mode 
(i.e. 4.8 or 2.4 kbit/s) has been made. 

The buffer 130 is operative to receive the data 

25 from the facsimile demodulators 126 as 8 bit words 
and to organize it such that, on average, a 9.6 kbit/s 
bit stream is sent. If the demodulated information is 
at a rate less than the maximal 9.6 kbit/s, then the 
data rate is increased to 9.6 kbit/s by dummy bit In- 

30 sertion. 

The buffer 130 achieves the 9.6 kbit/s average bit 
stream by ensuring that generally 48 bits are sent 
within 5 milliseconds. The 48 bits are organized such 
that at every millisecond, either 10 bits or 9 bits are 

35 transmitted. Thus, in each millisecond, three chan- 
nels of facsimile data are multiplexed into 32 bits, 
transmitted in 8 sampling frames as 4 bit nibbles per 
frame. 

It should be noted that the remaining 2 to 5 bits 

40 of thie 32 bits in each millisecond, depending on the 
number of bits sent per each facsimile channel, are 
dummy bits. This method achieves a 6:1 compression 
ratio, i.e. transmission of 6 trunks of 64 kbit/s PCM 
signals via a single 64 kbit/s time slot in the bearer bit 

45 stream. 

A selector 136 selects, under control of a facsi- 
mile transmit CPU (TCPU) 134, the correctly de- 
modulated arid multiplexed signals stored in buffer 
130 and sends them to multiplexer 31 as one partly 

so populated 2.048 Mbit/s digital bit stream. 

According to an alternative embodiment of the in- 
vention, the signal from the selector 136 is routed 
through FEC 69 which adds forward error correction 
to the 9.6 kbit/s signal, typically using the Hamming 

55 (15,11) code. Thus, to the 10 or 9 bits, described here- 
inabove, are added 1 or 2 dummy bits, respectively, 
where one of the bits serves as a message bit to in- 
dicate the number of original bits, to produce 11 bits. 
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another 4 of error correction based on the Hamming 
(15,11) code, and a final dummy bit to increase the bit 
count to 16. Thus, two channels of facsimile data are 
multiplexed into a 32 kbit/s channel, producing a 4:1 
compression ratio, i.e. transmission of 4 trunks of 64 5 
kbit/s PCM signals via a single 64 ktiit/s time slot in 
the bearer bit stream. 

The operation of the facsimile demodulator 67 is 
controlled by facsimile CPU 134 which polls the sta- 
tus of the demodulators 126 via a status and control io 
read/write 132, selects five demodulators 126 upon 
reception of a signal burst, tunes each one to a dif- 
ferent standard mode of operation, and indicates to 
TTSI 124 to switch the current time slot to the five 
PCM decoders 128. Additionally, it identifies the de- is 
modulator 126 which is tuned to the correct mode of 
operation and indicates to the selector 1 36 to transmit 
the data from the identified demodulator 126 to the 
buffer memory 68. or alternatively, to FEC 69 and 
from there to buffer memory 68. 20 

The facsimile CPU 134 additionally is connected 
to the main CPU 44 which indicates to the facsimile 
CPU 134 which time slots have facsimile data in 
them, when the facsimile signal burst commences or 
terminates, and when the facsimile transmission is 25 
complete. The completion of a facsimile transmission 
on a facsimile channel is defined according to the fol- 
lowing criteria: 

1 . A silence period lasting for at least 1 0 seconds 

is detected by SPD and tone detector 52 (Fig 2A); 30 
or 

2. The five facsimile demodulators 126 attempt- 
ing to demodulate the facsimile transmission fail 
to do so within a predetemiined length of time, 
typically 500 ms. 35 
If condition 1 is true, then main CPU 44 causes 

any following signal bursts on that trunk channel to be 
switched to an AOPCM encoder for speech. If condi- 
tion 2 is true, the trunk channel is switched to a data 
optimized ADPCM encoder. -40 

Reference is now made to Fig. 4, which illustrates 
in block diagram form certain elements of the recep- 
tion end of a telecommunication system pertaining to 
the present invention. The reception end corresponds 
to the mirror of the functional block diagram of Fig. 1 4S 
and the signal progresses from a BDU, to a signal de- 
compression unit, to DSI circuitry and finally, to a 
TDU. as described in aforesaid U.S. Patent US-A- 
4.747,096. 

The receive circuitry of Fig. 4 comprises a mes- so 
sage receiver 94 (Fig. 3B) which looks for an exclu- 
sive message identtficaition code and the message 
contents following it Once detected, the message 
contents are transfen-ed to the main CPU 44 which 
decodes it to discover the location, on the bearer bit 55 
stream, of the assigned bits for each compressed 
trunk channel and the type of traffic, speech, voice- 
band data or facsimile data, carried therein. As noted 



in U.S. Patent US-A-4,747,096. the main CPU 44 
controls both the transmit and receive functions of 
the system and. in receive mode, controls DSI switch 
95 in accordance with the assignment messages re- 
ceived. 

The generally fully populated 2.048 Mbit/s de- 
layed output of receive delay 90 is supplied to a buffer 
memory 96 which fonms part of signal decoding circui- 
try 98. The buffer memory 96 outputs to a plurality of 
decoders 1 GO, each comprising voice ADPCM decod- 
ers 101, data optimized ADPCM decoders 103. and 
facsimile encoders 105 with optional Error Correction 
(EC) 107, and is controlled by the main CPU 44 
through control memory 97. 

The received compressed signals are routed to 
the appropriate decoder type 101, 103 or 105, along 
2.048 Mbit/s digital bit streams, in accordance with 
the messages received. Each set of voice ADPCM de- 
coders 101 and each set of data optimized ADPCM 
decoders 103 can potentially produce two 2.048 
Mbit/s digital bit streams of 8-bit PCM samples upon 
decoding one fully populated 2.048 Mbit/s digital bit 
stream of compressed signals. Each set of facsimile 
encoders 105 can potentially produce one 2.048 
Mbit/s digital bit stream of 8-bit PCM per sample 
channels upon encoding one partly populated 2.048 
Mbit/s digital bit stream of 9.6 Kbit/ s demodulated 
facsimile signals. 6:1 decompression is provided 
when Error Correction EC 107 is not implemented 
and 4:1 decompression is provided when EC 107 is 
employed. 

According to an alternative embodiment of the in- 
vention, buffer memory 96 receives packets of sam- 
ples of either compressed speech, non-facsimile data 
or facsimile data. Buffer memory 96 is operative to 
store the received packets and to individually release 
the samples to the appropriate one of the plurality of 
decoders 100. 

The receive DSI 95 switch receives the 2.048 
Mbit/s digital streams of 8-bit PCM samples from the 
signal decoders 1 00. They are switched to eight 2.048 
Mbit/s bit streams under control of CPU 44 in accor- 
dance with the routing message received from the far 
end terminal. 

Reference is now made to Fig. 5 which illustrates 
the elements of the facsimile encoder 1 05 and of the 
optional EC 107. According to an alternate embodi- 
ment of the invention, the EC 1 07 performs error cor- . 
rection on the 16 kbit/s demodulated signal with error 
correction information received from buffer memory 
96. The EC 107 first stripe the signal of the dummy 
isixteenth bit Using the Hamming (15.11) code, the 
EC 107 corrects any errors produced by the transmis- 
sion and produces an 11 bit corrected signal. In order 
to produce the original 10 or 9 bit signal, one or two 
dummy bits, respectively, are subsequently stripped 
off, according to the status of the message dummy 
bit The original 9. or 10 bit signal is sent to a buffer 
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140. 

According to a preferred embodiment of the in- 
vention, facsimile decoder 105 comprises a plurality 
of facsimile modulators 142, such as the R96MFX 
Monofax from Rockwell International, and a plurality 5 
of PCM coders 144 where each PCM coder 144 is di- 
rectly connected to a facsimile modulator 142. Atyp- 
ical facsimile decoder 105 comprises 31 facsimile 
modulators 142 and 31 PCM coders 144. 

The facsimile decoder 105 operates as follows. io 
The 9.6 kbit/s signal is received by buffer 140 as se- 
quences of 9 or 10 bits. Buffer 140 stores the bits as 
they arrive and rebuilds the signal as an 8 bit signal 
which it then sends to a facsimile modulator 142 
which has been tuned, by a facsimile Receive CPU is 
(RCPU) 146, to the mode of operation by which the 
signal was demodulated on the transmit side. If the re- 
ceived facsimile data was originally scanned and en- 
coded at a rate lower than 9.6 kbit/s, then the addi- 
tional dummy bits are stripped in the buffer 140 and 20 
the 8 bit signal is sent to a facsimile modulator at a re- 
spectively lower rate. 

The analog telephone waveform resulting from 
the facsimile modulator 142 is then sent to the corre- 
sponding PCM coder 144 which encodes the analog 25 
signal as a PCM signal. The plurality of PCM signals 
produced by the PCM decoders 144 are routed to the 
appropriate time slot in the trunk bit stream by a fac- 
simile Receive TSI (RTSI) 148, such as the PES 2040 
PCM Switch from Siemens. 3o 

According to a preferred embodiment of the in- 
vention, facsimile RCPU 146 is operative to indicate 
to the buffer 140 how to rebuild the 8 bit signal and to 
which facsimile modulator 142 to send the rebuilt sig- 
nal. It also tunes the selected facsimile modulator 142' 35 
to the correct mode of operation according to direc- 
tions received from the main CPU 44. Finally, it indi- 
cates to the facsimile RTSI 148 the time slots on the 
triink bit stream corresponding to the outputs of the 
plurality of PCM coders 144. 40 

It will be appreciated that a facsimile compres- 
sion system such as described hereinabove can be 
constructed outside of an telecommunication system 
using elements functionally similar to those descri- 
bed hereinabove. However, incorporating such a sys- 45 
tem within an existing system, such as a digital circuit ■ 
multiplication system or a speech packetization sys- 
tem, reduces the number of new elements which must 
be built since many of the necessary elements are al- 
ready incorporated into the existing system. so 

Claims 

1. A telecommunication system for interconnecting ss 
a plurality of telephone communication trunks, 
carrying voice, facsimile and non-facsimile voi- 
ceband data signals, to a transmission network. 



the system comprising: 

transmission means at at least a first end 
of the transmission network including: 

means (53) for detecting facsimile signals, 
as distinguished from other voiceband data sig- 
nals, on the plurality of telephone communication 
trunks by detecting a signal unique to facsimile 
signals; 

means (67) for demodulating only facsh 
mile signals in response to detection by the 
means (53) for detecting of facsimile signals on 
the plurality of telephone communication trunks; 

means for transmitting along the transmis- 
sion network, in demodulated form, a facsimile 
signal output of the means for demodulating; and 

receiving means at at least a second end 
of the transmission network including: 

means (105) for modulating the demodu- 
lated facsimile signals received along the trans- 
mission network to produce voiceband facsimile 
signals. 

2. A system according to claim 1, wherein the 
means (53) for detecting detects a signal se- 
quence characteristic of a plurality of facsimile 
modes of operation. 

3. A system according to claim 1 or claim 2, wherein 
the transmission means further comprises 
means for determining the mode of operation of 
the detected facsimile system. 

4. A system according to claim 3 wherein the means 
for determining the mode of operation comprises: 

a plurality of facsimile demodulators 
(126), each being programed to demodulate at 
least one expected modem signal according to a 
facsimile standard; 

means (128) for supplying incoming de- 
tected facsimile signals simultaneously to the 
plurality of facsimile demodulators; and 

means (132) for determining which of the 
plurality of facsimile demodulators successfully 
demodulates an incoming facsimile signal. 

5. A system according to claim 4 wherein the plur- 
ality of facsimile demodulators (126) includes 
V.29, V.21 and V,27 demodulators. 

6. A system according to claim 5 and also compris- 
ing a buffer (130) providing a predetermined de- 
lay for receiving the outputs of said plurality of 
facsimile demodulators (126) and wherein posi- 
tive identification of the transmission rate of a 
V.27 modem signal by a V.27 demodulator takes 
place after said predetermined delay. 

7. A system according to claim 6, wherein Upon de- 
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tection of a V.27 modem carrier but before posi- 
tive identification of its transmission rate, said 
buffer (130) is operative to transmit at least part 
of the V.27 modem carrier. , 

8. A system according to any one of claims 3 to 7, 
wherein the transmitting means also comprises: 

means for transmitting to said receiving 
means over said transmission network an indica- 
tion of the mode of operation of the detected fac- 
simile signals; and wherein said receiving means 
comprises means (44) responsive to a received 
indication of the mode of operation for causing 
said means (105) for modulating to operate in a 
corresponding mode of operation. 

9. A system according to claim 1 or claim 2 wherein 
the transmission system also includes: 

means (25) for compressing signals other 
than those detected by said means for detecting; 
and 

means for transmitting said other signals 
along said transmission network. 

10. A system according to claim 9 and also compris- 
ing: 

switching means (56), responsive to the 
means (53) for detecting, for switching signals re- 
ceived along the telephone communication 
trunks to either said means (67) for demodulating 
or said means (25) for compressing. 

11. A system according to any of claims 3 to 8 where- 
in the transmission system also includes: 

means (25) for compressing signals other 
than those detected by said means for detecting; 
and 

means for transmitting said other signals 
along said transmission network. 

12. Asystem according to claim 11 and also compris- 
ing: 

switching means responsive to the means 
(55) for detecting for switohing signals received 
along the telephone communication trunks to 
either said means (67) for demodulating or said 
means (25) for compressing. 

13. A system according to claim 12 wherein said 
means (56) for switching is operative to switch 
said detected signals to said means (25) for com- 
pressing when the means , for determining the 
mode falls to make positive identification of the 
mode of a facsimile signal during a predeter- 
mined interval. ' 

14. Asystem according to any of claims 10, 12 or 13. 
wherein said means (56) for switching is opera- 



tive to. switch signals to said means for demodu- 
lating only during a silent period occurring during 
facsimile handshake. 

5 15. A system according to any of claims 9 to 14 and 
wherein the receiving means also cornprises: 

means for receiving said other signals 
transmitted along the transmission network; and 

means for decompressing said other sig-> 

10 nals. 

16. A system according to any of claims 9 to 15 
wherein the means for comprjsssing further conr»- 
prises: 

IS means for compressing said other signals 

in accordance with their classification; 

wherein said means for transmitting com- 
prises: 

means for transmitting said classif ication 
20 of the signals on the transmission network; 

wherein said means for receiving compris- 
es: 

means for receiving the transmission con- 
taining the classification of the other signals; and 
25 wherein the means for decompressing in- 

cludes: 

means for decompressing the other sig- 
nals in accordance with said classification. 

30 17. A system according to any of the preceding 
claims wherein the facsimile signals comprise 
Group III facsimile signals. 

18. A system according to any of the preceding 
35 claims wherein said demodulating means com- 
prises facsimile signal demodulator (67) and for- 
ward error correction means (59) and wherein 
said forward error correction means (69) are op- 
erative to protect the output of said facsimile de- 

40 modulator (67). 

19. A system according to any of the preceding 
claims wherein the transmission network com- 
prises a plurality of transmission channels, and 

45 . further comprising: 

means (31) for assigning at least one of 
the signals received by the transmission system 
from the plurality of communication trunks to one 
of the transmission channels; and 

50 means (30) for communicating the assign- 

ment and. optionally, error correction and dassH 
fication signals regarding the signals along the 
transmission network. 

55 20. A method for interconnecting a plurality of tele- 
phone communication tmnks carrying voice, fac- 
simile and non-facsimile voiceband data signals, to 
a transmission network, the method comprising: 
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detecting facsimile signals, as distinguish- Mittein (105)2umModuiieren derdemodu- 

ed from other voiceband data signals received lierten Fax-Signale, die uber das Obertragungs- 

from the plurality of telephone communication , netz empfangen werden, um Sprachband-Fax- 

trunks by detecting a signal unique to facsimile Signale zu erzeugen. 

signals; 5 

demodulating only detected facsimile sig- 2. System nach Anspruch 1. wobei.die MIttel (53) 

nals in response to said detecting of facsimile sig- zum Feststellen eine Signaifolge feststellen. die 

nais to form demodulated facsimile signals; and fureine Vielzahl von Fax-Betriebsarten charakte- 

transmittlng the demodulated ^csimile ristisch ist. 

signals along a transmission network. io 

3. System nach Anspruch 1 oder2. wobei die Ober- 
21. A method according to claim 20 wherein the step tragungsmittel ferner Mittel zum Feststellen der 

of detecting comprises the step of detecting a sig- Betriebsart des festgestellten Fax-Systems auf- 

nat sequence characterstic of a plurality of facsi- weisen. 
mile modes of operation. is 

4. System nach Anspruch 3, wobei die Mittel zum 
Feststellen der Betriebsart aufweisen: 

eine Vielzahl von Fax-Demodulatoren 
(126), wobei jeder so programmiert ist. dad er 
mindestens ein erwartetes Modemsignal nach ei- 
nem Fax-Standard demoduliert; 

. Mittel (128) zum gleichzeitigen Liefern von 
ankommenden festgestellten Fax-Signalen an 
die Vielzahl von Fax-Demodulatoren; und 

Mittel (132) zum Feststellen, welcher aus 
der Vielzahl von Fax-Demodulatoren ein ankom- 
mendes Fax-Signal erfolgreich demoduliert. 

5. System nach Anspruch 4. wobei die Vielzahl von 
Fax-Demodulatoren (126) V.29-. V.21- und V.27- 
Demodulatoren einschlie&en. 



22. A method according to claim 20 or daim 21 
wherein the step of demodulating comprises: 

determining the mode of operation of the 
detected facsimile signal. 20 

23. A method according to daim 21 wherein the step 
of determining the mode of operation comprises: 

supplying an incoming detected facsimile 
signal simultaneously to a plurality of facsimile 25 
demodulators, each being programed to demod- 
ulate at least one expected modem signal accord- 
ing to a facsimile standard; and 

determining which of the plurality of facsi- 
mile demodulators successfully demodulates an 30 
incoming selected facsimile signal. 



Patentanspruche 

35 

1, Fernmeldesystem zum Verbinden einer Vielzahl 
von Fernsprechverbindungsieitungen, die Sprach-, 
Fax- und Nichtfax-Sprachbanddatensignale 
transportieren, mit einem Ubertragungsnetz, wo- 
bei das System aufweist • 40 

Obertragungsmittel an mindestens einem 
ersten Ende des Ubertragungsnetzes mit 

Mittein (53) zum Feststellen von Fax-Si- 
gnalen im Gegensatz zu anderen Sprachband- 
datensignalen in der Vielzahl von Fernmeldever- 4S 
bindungsleitungen durch Feststellen eines Si- 
gnals, das nur fur Fax-Signale spezifisch ist; 

Mittein (67) zum Demodulleren aus- 
schlieailch von Fax-Signalen als Antwort auf das * 
Feststellen durch die Mittel (53) zum Feststellen 50 
von Fax-Signalen in der Vielzahl von Fernsprech- 
verbindungsleitungen; ^ ^-^ 

Mittein zum uber das Ubertragungsnetz in 
demodulierter Form erfolgenden Obertragen ei- 
nes Fax-Ausgangssignals der Mittel zum Demo- 55 
dulieren; und 

Empfangsmittel an mindestens einem 
zweiten Ende des Obertragungsnetzes mit: 



6. System nach Anspruch 5, das auch einen Puffer 
(130) aufweist, der eine festgestellte Verzoge- 
rung fur das Empfangen der Ausgangssignale 
der Vielzahl von Fax-Demodulatoren (126) 
schaff t, und wobei nach der vorbestimmten Ver- 
zogerung eine positive Identiftkation der Uber- 
tragungsrate eines V.27-Mod ems ig nals durch en 
ihen V.27-Demodulator stattf indet. 

7. System nach Anspruch 6, wobei bei Feststellung 
eines V.27-Modemtragers der Puffer (130) je- 
doch vor der positiven Identiftkation seiner Uber- 
tragungsrate tdtig wird, um mindestens einen Teil 
des V.27-Modemtragers zu ubertragen. 

8. System nach irgendeinem der Anspruche 3 bis 7. 
wobei die Obertragungsmittel auch aufweisen: 

Mittel zum Ubertragen einer Anzeige der 
Betriebsart der festgestellten Fax-Signale uber 
.das Obertragungsnetz an die Empfangsmittel; 
und wobei die Empfangsmittel Mittel (44) aufwei- 
sen, die auf eine empfangerie Anzeige der Be- 
triebsart arisprechen und die bewirken sollen. 
daH die Mittel (105) zum Modulieren in einer ent- 
sprechenden Betriebsart arbeiten. 
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9. System nach Anspruch 1 Oder 2, wobei das Uber- 
tragungssystem auch umfaSt 

Mittel (25) zum Komprimieren von ande- 
ren SIgnaien als diejenigen, die mit den Mitteln 
zum Feststellen festgestellt wenden; und 5 

Mittel zum Ubertragen der anderen Signa- 
le uber das Obertragungsnetz. 

10. System nach Anspruch 9, das auch aufweist: 

Unnschaltmittel (56), die auf die Mittel (53) io 
zum Feststellen ansprechen, zum Umschalten 
von Signalen, die uber die Fernsprechverbin- 
dungsleitungen empfangen werden. entweder 
auf die Mittel (67) zum Demodulieren oderauf die 
Mittel (25) zum Komprimieren. 15 

11. System nach irgendeinem der Anspruche 3 bis 8, 
wobei das Obertragungssystem auch umfa&t: 

Mittel (25) zum Komprimieren von ande- 
ren Signalen als diejenigen. die von den Mitteln 20 
zum Feststellen festgestellt werden; und 

Mittel zum Ubertragen der anderen Signa- 
le uber das Obertragungsnetz. 

12- System nach Anspruch 11, das auch aufweist 25 
Umschaltmittel, die auf die Mittel (55) zum 
Feststellen ansprechen, zum Umschalten von Si- 
gnalen, die uber die Fernsprechverbindungslel- 
tungen empfangen werden, entweder auf die Mit- 
tel (67) zum Demodulieren oder auf die Mittel (25) 30 
zum Komprimieren. 

13. System nach Anspruch 12, wobei die Mittel (56) 
zum Umschalten tatig werden, um die festgestell- 

ten Signale auf die Mittel (25) zum Komprimieren 35 
umzuschalten, wenn die Mittel zum Feststellen 
derBetriebsartwahrend eines vorbestimmten In- 
tervails kelne positive Identifikation der Be- 
. triebsart eines Fax-Signals enreichen. 

40 

14. System nach irgendeinem der Anspruche 10. 12 
Oder 13, wobei die Mittel (56) zum Umschalten 
nur wahrend einer Ruheperiode. die wahrend des 
Fax-Quittungsbetriebs auftritt, tatig werden, um 
Signale auf die Mittel zum Demodulieren umzu- 45 
schalten. 

15. System nach irgendeinem der Anspruche 9 bis 

14, wobei die Empfangsmittel auch aufweisen: 

Mittel zum Empfangen der anderen Signa- so 
le, die uber das Obertragungsnetz ubertragen 
werden; und . 

Mittel zum Dekomprimieren der anderen 
Signale. 

55 

16. System nach irgendeinem der Anspruche 9 bis 

15. wobei die Mittel zum Komprimieren ferner 
aufweisen: 
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Mittel zum Komprimieren der anderen Si- 
gnale entsprechend ihrer Klassifikaticn; 

wobei die Mittel zum Ubertragen aufwei- 
sen: 

Mittel zum Obertragen der Klassifikation 
der Signale im Obertragungsnetz; 

wobei die Mittel zum Empfangen aufwei- 
sen: 

Mittel zum Empfangen der Ubertragung, 
die die Klassifikation der anderen Signale ent- 
halt; und 

wobei die Mittel zum Dekomprimieren urn- 
fassen: 

Mittel zum Dekomprimieren der anderen 
Signale entsprechend der Klassifikation. 

1 7. System nach einem der vorhergehenden Anspru- 
che, wobei die Fax-Signaie Fax-Signale der 
Gruppe 3 aufweisen. 

1 8. System nach einem der vorhergehenden Anspru- 
che. wobei die Demoduiiermittel einen Fax-Si- 
gnaldemodulator (67) und Vorwartsfehlerkorrek- 
turmittei (69) aufweisen und wobei die Vorwarts- 
fehierkorrekturmittel (69) tatig werden, um das 
Ausgangsslgnal des Fax-Demodulators (67) zu 
schutzen. 

19. System nach irgendeinem der vorhergehenden 
Anspruche, wobei das Obertragungsnetz eine 
Vielzahl von Ubertragungskanalen aufweisen 
und ferner aufweist 

Mittel (31) zum Zuweisen mindestens ei- 
nes der Signale. die durch das Obertragungssy- 
stem von der Vielzahl von Verbindungsleitungen 
empfangen werden. zu einem der Obertragungs- 
kanale; und 

Mittel (30) zum Melden der Zuweisung 
unc(, als Wahlmdglichkelt. der Fehlerkorrektur 
und Klassifikationssignale in bezug auf die Si- 
gnale uber das Obertragungsnetz, 

20. Verfahren zum Verbinden einer Vielzahl von 
Fernsprechverbindungsleitungen, die Sprach-, 
Fax-, und Nichtfax-Sprachbanddatensignale 
transportieren, mit einem Obertragungsnetz, wo- 
bei das Verfahren aufweist 

das Feststellen von Fax-Signalen im Un- 
terschied zu anderen Sprachbanddatensignalen, 
die von der Vielzahl von Fernsprechverbindungs- 
leitungen empfengen werden, durch Feststellen 
eines Signals, das nurf ur Fax-Signale spezif isch 
ist; 

Demodulieren lediglich von festgestellten 
Fax-Signalen als Antwort auf das Feststellen von 
Fax-Signalen. um demodulierte Fax-Signale zu 
bilden; und 

Obertragen der demodulierten Fax-Signa- 
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le uber ein Obertragungsnetz, 

21. Verfahren nach Anspruch 20. wobei der Schritt 
des Feststellens den Schritt des Feststellens ei- 
ner Signalfoige auf weist, die fur eine Vielzahi von s 
Fax-Betriebsarten charakteristisch ist 

22. Verfahren nach Anspruch 20 Oder 21. wobei der 
Schritt des Demodulierens aufweist: 

Bestimmen der Betriebsart des festge- io 

steilten Fax-Signals. 

23. Verfahren nach Anspruch 21, wobei der Schritt 
des Feststellens der Betriebsart aufweist: 

gleichzeitiges Liefern eines ankommen- is 
den festgestellten Fax-Signals an eine Vielzahi 
von Fax-Demoduiatoren, wobei jeder so pro- 
grammiert ist, das er mindestens ein erwartetes 
Modemsignai nach einem Fax-Standard denno- 
duiiert; und 20 

Bestimmen, weicher aus der Vielzahi von 
Fax-Demoduiatoren ein ankommendes gewahl- 
tes Fax-Signal erfoigrelch demoduliert. 

25 

Revendications 

1. Syst^me de telecommunication pour intercon- 
necter une pluraiite d'arteres de communication 
telephonique. qui v^hiculent des signaux de don- 30 
nees en bande vocale, de parole, de t^Iecopie et 
de non tel^copie, d un r^seau de transmission, le 
systeme comprenant 

des moyens de transmission situ^s au ni- 
veau d'au moins une premiere extremity du re- 35 
seau de transmission, induant 

des moyens (53) pour d^tecter des si- 
gnaux de t^iecopie. en les distinguant d'autres si- 
gnaux de donnees en bande vocale, sur la plura- 
lity d'arteres de communication telephonique, en 40 
detectant un signal qui est propre ^ des signaux 
de teiecopie; 

des moyens (67) pour d6moduier seule- 
ment des signaux de tei^copie en r^ponse d la 
detection par les moyens (53) pour detecter des 4S 
signaux de teiecopie sur la pluraiite d'arteres de 
communication teiephonique; des moyens pour 
transmettre le long du reseau de transmission, 
sous forme demoduiee, un signal de teiecopie 
emis en sortie depuis les moyens de demodula- so 
tion; et 

des moyens de reception situes au niveau 
d'au moins une seconde extremite du reseau de 
transmission, induant: 

des moyens (105) pour moduler les si- 55 
gnaux de teiecopie demoduies regus le long du 
reseau de transmission, pour produire des si- 
gnaux de teiecopie en bande vocale. 
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2. Systeme selon la revendication 1 , dans lequel les 
moyens (53) de detection detectent une sequen- 
ce de signaux caracteristique d' une pluraiite de 
modes de fonctionnement en teiecopie. 

3. Systeme selon la revendication 1.ou 2. dans le- 
quel les moyens de transmission comprennent 
en outre des moyens pour determiner le mode de 
fonctionnement du systeme de teiecopie detecte. 

4. Systeme selon la revendication 3, dans lequel les 
moyens de determination de mode de fonction- 
nement comprennent 

une pluraiite de demodulateurs de teieco- 
pie (126), chacun 6tant programme pour d6mo- 
duler au moins un signal de modem attendu 
conformement d un standard de teiecopie; 

des moyens (128) pour appliquer simulta- 
nement des signaux de teiecopie detectes arri- 
vants a la pluraiite de demodulateurs de teieco- 
pie; et 

des moyens (132) pour determiner lequel 
de la pluraiite de demodulateurs de teiecopie de- 
module avec succes un signal de teiecopie arri- 
vanL 

5. Systeme selon la revendication 4, dans lequel la 
pluraiite de demodulateurs de teiecopie (126) in- 
cluent des demodulateurs V.29, V.21 et V.27. 

6. Systeme selon la revendication 5, comprenant 
egaiement un tampon (130) assurant un retard 
predetermine pour recevoir les sorties de ladite 
pluraiite de demodulateurs de teiecopie (126) et 
dans iequel une identif ication positive du debit de 
transmission d'un signal de modem V.27 par un 
demodulateur V.27 estmise en oeuvre apres ledit 
retard predetermine. 

7. Systeme selon la revendication 6, dans lequel, 
lors de la detection d'une porteuse de modem 
V.27 mais avant une identification positive de son 
debit de transmission, ledit tampon (130) fonc- 
tionne pour transmettre au moins une partie de 
la porteuse de modem V.27. 

8. Systeme selon Tune quelconque des revendica- 
tions 3^7, dans lequel les moyens de transmis- 
sion comprennent egaiement 

des moyens pour transmettre vers lesdits 
moyens de reception sur ledit reseau de trans- 
mission une indication du mode de fonctionne- 
ment des signaux de teiecopie detectes; et dans 
lequel lesdits moyens de reception comprennent 
des moyens (44) sensibles ^ une indication regue 
du mode de fonctionnement pour faire en sorte 
que lesdits moyens de modulation (1 05) fonction- 
nent dans un mode de fonctionnement corres- 
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pondant 

9. Systeme selon ta revendication 1 ou 2, dans le- 
quel le systeme de transmission inciut 6gale- 
ment ^ 

des moyens (25) pour comprimer des si- * 
gnaux autres que ceux d^tectSs par lesdits 
moyens de detection; at 

des moyens pour transmettre lesdits au- 
tres signaux le long dudit r^seau de transmis- io 
sion. 

10. Systeme selon la revendication 9, comprenant 
egalement: 

des moyens de commutation (56) sens!- is 
bles aux moyens de d6tection (53) pour commu- 
ter des signaux regus le long des arteres de 
communication t6iephonique sur soit lesdits 
moyens de demodulation (67) soit lesdits 
moyens de compression (25). 20 

11. Systeme selon I'une quelconque des revendica- 
tions 3^8, dans lequel le systeme de transmis- 
sion Inciut egalement: 

des moyens (25) pour comprimer des si- 25 
gnaux autres que ceux d^tect^s par lesdits 
moyens de detection; et 

des moyens pour transmettre lesdits au- 
tres signaux le long dudit r^eau de transmis- 
sion. 3^ 

12. Systeme selon la revendication 11, comprenant 
Egalement 

des moyens de commutation sensibles 
aux moyens de d6tection (55) pour commuter des 35 
signaux regus le long des arteres de communica- 
tion t6l6phonique sur soit lesdits moyens de de- 
modulation (67) soit lesdits moyens de compres- 
sion (25). 

40 

13. Syst6me selon la revendication 12. dans lequel 
lesdits moyens de commutation (56) fonctlon- 
nent pour commuter lesdits signaux d^tect^s sur 
lesdits moyens de compression (25) lorsque les 
moyens de determination de mode 6chouent k 45 
realiser une identification positive du mode d*un 
signal de tdlecopie pendant un intervalle prede- 
termine. 

14- Systeme selon I'une quelconque des revendica- so 
tlons 10, 12 ou 13, dans lequel lesdits moyens de 
commutation (56) -fonctionnent pour commuter 
des signaux sur lesdits moyens de demodulation 
seulement pendant une periode de silence qui 
survlent pendant un etablissement de liaison de 55 
teiecopie. 

15. Systeme selon I'une quelconque des revendica- 



tions 9 e 14. dans lequel lesdits moyens de re- 
ception comprennent egalement 

des moyens pour recevoir lesdits autres 
signaux transmis le long du reseau de transmis- 
sion; et 

des moyens pour decomprimer lesdits au- 
tres signaux. 

16. Systeme selon Tune quelconque des revendica- 
tions 9^15. dans lequel les moyens de compres- 
sion comprennent en outre: 

des moyens pour comprimer lesdits au- 
tres signaux confomnement k leur classification. 

dans lequel lesdits moyens de transmis- 
sion comprennent: 

des moyens pour transmettre ladtte clas- 
sification des signaux sur le reseau de transmis- 
sion, 

dans lequel lesdits moyens de reception 
comprennent 

des moyens pour recevoir la transmission 
qui contient la classification des autres signaux; 
et 

dans lequel les moyens de decompression 
incluent: 

des moyens pour decomprimer les autres 
signaux conformement e ladite classification. 

17. Systeme selon Tune quelconque des revendica- 
tions precedentes, dans lequel les signaux de te- 
iecopie comprennent des signaux de teiecopie du 
groupe 111. 

18. Systeme selon Tune quelconque des revendica- 
tions precedentes, dans lequel lesdits moyens de 
demodulation comprennent un demoduiateur de 
signal de teiecopie (67) et des moyens de correc- 
tion d'erreurs sans voie de retour (69) et dans le- 
quel lesdits moyens de correction d'erreurs sans 
voie de retour (69) fonctionnent pour proteger la 
sortie dudit demoduiateur de teiecopie (67). 

19. Systeme selon Tune quelconque des revendica- 
tions precedentes, dans lequel le reseau de 
transmission comprend une pluralite de canaux 
de transmission et comprend en outre: 

des moyens (31) pour assigner au moins 
Tun des signaux regus par le systeme de trans- 
mission parmi la pluralite d'arteres de communi- 
cation k Tun des canaux de transmission; et 

des moyens (30) pour communiquer I'as- 
signation et, de fa^on optionnelle, des signaux de 
correction et de classification d'erreur concer- 
nant les signaux le long du reseau de transmis- 
sion. 

20. Precede pour interconnecter une pluralite d'arte- 
res de communication teiephonique, qui vehicu- 
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lent des signaux de donnees en bande vocale, de 
parole, de t^l^copie et de non t^lecopie, k un re- 
seau de transmission, le procede comprenant 

la detection de signaux de t^l^copte en les 
distinguant d'autres signaux de donnees en ban* 5 
de vocale re^us depuis la plurality d*art§res de 
communication telephonique en d6tectant un si- 
gnal qui est propre ^ des signaux de t^leccpie; 

la demodulation de seulement les signaux 
de t^iecopie d^tect^s en r^ponse k ladlte d^tec- io 
tion de signaux de t6l6copie pour former des si- 
gnaux de t^lecopie d^modules; et 

la transmission des signaux de t^l^copie 
d^modules le long d'un rdseau de transmission. 

15 

21. Procede selon la revendication 20. dans lequel 
r^tape de detection comprend I'etape de detec- 
tion d'une sequence de signaux caracteristique 
d'une pluralite de modes de fonctionnement en 
telecopie. 20 

22. Procede selon ia revendication 20 ou 21 . dans le- 
quel r6tape de demodulation comprend: 

la determination du mode de fonctionne- 
ment du signal de telecopie detects. 2S 



23. Procede selon la revendication 21, dans lequel 
I'etape de determination de mode de fonctionne- 
ment comprend: 

Tapplication simultan^e d'un signal de t6- 30 
iecopie detects arrivant k une pluralite de demo- . 
dulateurs de telecopie, chacun etant programme 
pour demoduler au moins un signal de modem at- 
tendu conformement ^ un standard de telecopie; 
et 35 

la determination de celui de la pluralite de 
demodulateurs de teiecople qui demodule avec 
succes un signal de teiecopie seiectionne arri- 
vant. 
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